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Abstract 
Modem digital communication systems require highly linear power amplifier to 
minimize intermodulation distortion (IMD) or spectrum regrowth. Several techniques 
have been developed to achieve linear amplification, and the feedforward approach is 
one of the most effective methods. However, feedforward amplifier is quite sensitive 
to the environmental variation, such as the change of temperature, input power lever, 
ageing of components etc. Additional adaptive control circuitry is therefore required 
to compensate the parameter drift due to the variation of operating condition. In this 
project, the performance of adaptive feedforward power amplifier based upon the 
dual loop and triple loop configurations are investigated. Explicit equations, showing 
the interdependency between loop parameters such as the loop convergence rate and 
coefficient jitter are developed. Improvement in convergence rate and bias error at 
the distortion cancellation loop by the introduction of the third loop is discussed. The 
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Chapter 1 Introduction 
In the past, most communication systems prefer to use constant envelope 
modulation such as FM or GMSK. Such kinds of modulation schemes allow the use 
of a nonlinear amplifier for power saving, with a drawback of poor spectrum 
efficiency. Recently, due to the rapid development of modem digital communication 
system and the limited available spectrum, spectral efficiency has become a very 
important factor. Linear modulation schemes, such as the QPSK and QAM, offer 
better spectral efficiency, and have drawn much attention nowadays. Nevertheless, 
varying envelope of the digitally modulated signal causes intermodulation distortion 
after passing through a nonlinear amplifier. A linear amplifier hence is required in 
such systems. 
Intermodulation products generated by a nonlinear amplifier result in both 
in-band distortion and out-of-band emission (spectral regrowth). The in-band 
distortion increases the bit error rate, and the regenerated spectrum is potential 
interfering source to other users. In case of mobile communication systems, the near 
far effect encountered in the cellular network puts extra requirement on the 
magnitude of the adjacent channel interferes. The use of a linear modulation scheme 
in mobile communication system therefore requires a highly linear amplifier. 
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The traditional method to achieve linear amplification is to use power back off 
that results in very poor power efficiency. Alternatively, various linearization 
techniques have been developed, and the feedback, pre-distortion and feedforward 
are the most popular ones. 
The simplicity of feedback and pre-distortion technique ensures their successes 
for commercial usages in the past. However, the inherent narrow band characteristic 
of the feedback approach, and the limited performance of the pre-distortion scheme 
restricted their applications in certain modem communication systems, in which a 
broad band, high efficiency and ultra linear amplifier is needed. 
The feedforward approach, which is virtually ignored until 1970s because of ks 
complicated structure, has drawn more and more attention recently. The superior 
performance of the feedforward technique in terms of broad bandwidth and high 
linearity make it a valuable solution for high data rate communication systems. For 
example, the 3G UMTS system, that is based upon the WCDMA technology, 
requires a broadband linear amplifier to satisfy its 5 MHz channel bandwidth and 
2Mbps data rate. 
In principle, the feedforward approach depends upon the subtraction of two 
nearly equal signals, hence the performance of the feedforward system is very 
sensitive to the gain, phase and delay mismatch between these two signals. The gain, 
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phase and delay associated with the various signal paths in a feedforward amplifier 
most likely may drift with changes in parameters such as ageing, temperature and 
power level etc. As a result, adaptive control circuitry is required to compensate these 
variations. 
One of the problems associated with the conventional adaptive scheme of 
feedforward power amplifier is the masking of the IMD signal by the stronger main 
tone at the amplifier output that leads to extremely long convergence time in the 
distortion cancellation loop, and this phenomenon can be improved by using a triple 
loop configuration [37]. In this project, the performance of the adaptive feedforward 
systems using the dual loop and triple loop configurations are investigated. 
Analytical expressions showing the interdependency between loop parameters, such 
as the convergence rate and coefficient jitter, are derived. Both computer simulation 
and experimental results are included to validate the derived formula. Improvements 
in convergence time and parameter accuracy due to the additional cancellation loop 
are discussed. 
This thesis is divided into 7 chapters. The first chapter gives a brief introduction 
and the motivation of this research work. Chapter two describes the nonlinear 
behavior of RF power amplifiers. Chapter three summarizes various linearization 
techniques developed nowadays. Chapter four presents the operation principles of the 
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feedforward amplifier and its limitation. Chapter five introduces various techniques 
in the design of feedforward control network. Chapter six, the most critical part of 
this thesis, studies in details the adaptation performance of the dual loop and triple 
loop gradient based adaptive feedforward power amplifier. Simulation and 
experimental results are also presented for verification. Lastly, chapter seven draws 
the conclusion of this research work and discusses the further prosperous of this 
project. 
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Chapter 2 Nonlinear Phenomenon of RF 
Power Amplifier 
The nature of nonlinear distortion can be characterized in various forms. The 
variation of amplitude and phase response for different input power level is referred 
as AM-AM and AM-PM conversion respectively. An alternative approach to 
evaluate the nonlinear distortion is to use a well known two tone test, in which the 
degree of nonlinearity is measured in terms of the magnitude of the generated 
third-order IMD products. For a digital modulated test signal with continuous 
spectrum, the power level of the regenerated spectrum is used as a figure of merit for 
nonlinear measurement, and is characterized as adjacent channel power ratio 
(ACPR). This chapter explains various form of nonlinear distortion characteristics 
mentioned above. 
2,1 AM-AM and AM-PM distortion 
An ideal amplifier can be represented as a two-port network having a linear 




where a! is the linear voltage gain of the amplifier. However, in practice, the power 
amplifier has nonlinear transfer characteristic caused by the saturation effect of the 
transistors. Fig 2.1.1a shows the typical amplitude response of a RF amplifier. Note 
that the gain is reduced near the saturation region of the power amplifier, and is well 
known as AM-AM distortion. The point, at which the output power is IdB below the 
ideal one, is called IdB compression point. It is used as a standard in RF community 
to compare the power capacity of an amplifier. The phase response, as depicted in 
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(a) AM-AM distortion (b) AM-PM distortion 
Fig .2.1.1 Amplitude and Phase Response of the Power Amplifier 
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2.2 Intermodulation Distortion (IMD) 
The transfer characteristic of a memoryless weakly nonlinear power amplifier 
can be modeled by a Taylor series, that is: 
V, (0 = a,V. (0 + a^V；" + + + …… (2.2.1) 
The output signal is distorted by the higher order term. The even order term can 
be neglected since the distortions generated by these terms are at least one carrier 
frequency far apart from the desired signal and thus can be filtered out. Equations 
(2.2.1) thus can be rewritten as: 
V � ( 0 = a,V. ( 0 + a^V.^ + a^V.^ + …… (2.2.2) 
Assume that the input of the power amplifier is a simple two tone signal with 
equal magnitude and phase, that is: 
V. (0 - Acos(27f^t + (9) + Acos(27tf^t + 9) (2.2.3) 
S ( f ) 
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Fig .2.2.1 Output spectrum of a Distorted Signal in a Two-Tone Test 
Then the output spectrum is of the form shown in Fig 2.2.1. The higher order 
harmonics are far from the desired fundamental tone, and therefore can be neglected. 
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The in-band intermodulation products are very close to the fundamental signal and 
thus cannot be eliminated by using filtering technique. The third order IMD, located 
at Icoi-ox and loh-coi (primarily produced by the third order term in the Taylor 
series), are the most significant ones as they have highest magnitude. These 
intermodulation products contribute to both inband distortion and adjacent channel 
interference. A commonly used method to characterize the nonlinear distortion of the 
amplifier is to measure the ratio of the largest IMD, most likely the third order one, 
to the fundamental tones. 
S(f)个�
Desired Main Tone 
/ 
Regrowthed Spectrum 八 
V \ y ~ 乙 ^ • 
f 
Fig 2.2.2 Distorted Spectrum of a Digital Modulated Signal 
For a digitally modulated excitation signal, the typical distorted output 
spectrum is shown in Fig. 2.2.2. The distortion product generated by the third order 
term spreads three times of the original bandwidth while the one generated by the 
fifth order terms spread five times of the original bandwidth and so on. The power 
spreading of the fundamental signal to the side lobe is well known as spectral 
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regrowth or spectral regeneration. The degree of the spectral regrowth can be 
characterized by the adjacent channel power ratio (ACPR). The ACPR is defined as 
the power ratio of the upper or lower channel to the main channel, and is named 
upper ACPR and lower ACPR respectively. 
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Chapter 3 Linearization Techniques 
As mentioned in previous chapter, the use of non-constant envelop modulation 
scheme impose strict constraints on the linearity requirement of the power amplifier. 
Moreover，the use of linear amplifier enhances the possibility of using a single 
amplifier for multicarrier instead of amplifying each carrier individually, and this is 
more efficient and cost effective. Various techniques have been developed, in the past, 
to achieve linear amplification for different applications. The validity and 
effectiveness of a linearzation technique can be roughly evaluated by following 
factors: 
• Simplicity, cost and size 
• Bandwidth 
參 Achievable performance 
• Stability 
參 Power efficiency 
In the remaining parts of this section, various linearization schemes including 
the three most popular ones, feedback, pre-distortion and feedforward will be 
discussed and compared. 
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3.1 Power Backoff 
The traditional method to achieve linear amplification is to backoff the amplifier 
certain dB from the saturation region. The power amplifier, as shown in Fig 2.1.1, 
can operate more linearly at lower input power level. Fig 3.1.1 shows the 
correspondence of the IMD to the various input power level. One can observe that 
the 3rd lyjj) to carrier ratio can be improved by 2dB per IdB power backoff. 
However, the power backoff result in very poor efficiency and high heat dissipation. 
For example, if we want to achieve 20dB IMD improvement, then the amplifier 
should operate at lOdB back off, and the power efficiency is now only 10% of the 
one without back off. 
个�
Po…fdB j y 
Fundametal Tone 
Slope= 1 y ^ 
/ Third Order IMD 
/ Slope = 3 
P.JdB 
Fig. 3.1.1 Fundamental and IMD Power as a Function of Input Power 
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3.2 Feedback 
Feedback technique is one of the simplest linearization methods, and thus has 
found wide application in several narrow band systems. Several different feedback 
configurations have been developed in the past [1] - [4] and some of them involve 
very complicated signal processing technique for performance enhancement. 
However, the inherent drawbacks of feedback, in terms of restricted bandwidth, 
reduction of gain for linearity and poor stability limit its application in many modern 
communication systems, in which a broadband power amplifier is usually required. 
3.3 Pre-distortion 
牛 牛� 年�
Gain ^ ^ Gain Gain 
_ _ \ = m z 
Phase Phase Phase 
• • • 
Pin� 巧n Pjn 
Pre-distorter Power Am pi if er Linearized Output 
Fig 3.3.1 Pre-distortion Technique 
The pre-distortion technique involves the cascading of a nonlinear device 
(pre-distorter) in front of the power amplifier to compensate the nonlinear transfer 
characteristics of the amplifier. As shown in Fig 3.3.1, the pre-distorter is designed 
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and adjusted to provide a distortion characteristic that is completely complement to 
that of the power amplifier, and thus combined to form a linear transfer 
characteristic. 
According to the operation frequency of the pre-distorter, the pre-distortion 
method can be subdivided into RF pre-distortion [5], IF pre-distortion [6] and 
baseband pre-distortion [7]. The RF pre-distortion, in general, is undesirable since it 
requires different circuitry for different frequency band. The IF and baseband 
configurations solve this difficulty by operating the pre-distortion function at IF and 
baseband frequency instead of the final RF frequency. Moreover, the pre-distorter is 
more convenient and environmental stable to be operated at IF or baseband 
frequency. 
Similar to the feedback technique, the pre-distortion technique is a very 
compact and low cost lineariztion technique. The theoretical unlimited bandwidth of 
the pre-distortion technique makes it a valuable solution for broadband application. 
In addition, unlike many other linearization techniques, the pre-distortion approach 
doesn't sacrifice the efficiency or gain significantly for linearity. 
However, the pre-distortion approach, in its simplest form, is an open loop 
structure. The lack of an inherent feedback path means that the pre-distorter cannot 
adapt to the change of variations. In general, pre-distortion is only optimized to a 
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specific condition and only can provide limited IMD improvement. The performance 
of the pre-distortion technique can be enhanced by introducing additional adaptive 
control network to keep track of the environmental variation. Several adaptive 
pre-distortion amplifiers have been developed [8] [9], and some of them can achieve 
pretty good performance with the cost of very complicated control circuitry. 
3.4 Feedforward 
Feedforward approach is one of the most effective linearization schemes. As 
discussed before, the feedback technique suffers from its inherent narrow band 
characteristic, while the pre-distortion only offers limited performance. It is the 
feedforward approach that can achieve extremely high degree of linearity over a 
broad bandwidth. The inherent unconditional stable property makes the feedforward 
method very attractive for high linearity amplifier. However, the major drawback 
prevented the early widespread adoption of feedforward approach is that it requires 
very high degree of amplitude and phase balance between different signal path. The 
amplitude and phase transfer characteristics of the electronic components, especially 
the main amplifier, may drift for different operation condition. Therefore, it is very 
difficult to maintain the feedforward performance over a wide dynamic range. 
Adaptive control network hence have to be introduced to compensate the variation. 
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In additional, the requirement of a high performance auxiliary amplifier further 
increases the complexity and degrades the power efficiency of the amplifying 
system. 
Recently, feedforward has drawn much attention because of the increasing 
demand of ultra-linear amplifier for next generation communication system. It has 
also successfully found its application in some existing communication systems such 
as integrated cable TV system, satellite amplifiers, cellular radio network etc. 
3.5 Other Linearization Techniques 
Despite of the three most popular ones mentioned above, some other 
linearization techniques have also been developed in the past years for various 
applications, and few of them have already applied to commercial products. For 
example, the choice of proper harmonic terminations can enhance the IMD 
performance without loss in gain or power efficiency [10] [11]. About lOdB 
improvement has been demonstrated by using this technique. Moreover, the injection 
of the second harmonic is proven to be valuable for IMD reduction [12] [13]. The 
injected second harmonic mixes with the fundamental tone to generate the new 
IMD component. By proper adjusting the phase and magnitude of the injected second 
harmonic, the new IMD can be made to cancel out with the original distortion 
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signal. More than lOdB improvement in IMD3 can easily be achieved. 
The Envelope Elimination and Restoration (EER) technique [14] is another 
narrow band solution that is now challenging the traditional feedback approach. In an 
EER system, the envelope and phase information of a RF incoming signal is isolated 
firstly. The envelope of the RF signal can be amplified by a low frequency amplifier. 
The RF phase modulated signal, with constant envelope can thus be amplified by a 
nonlinear but efficient PA, such as class E amplifier. The envelope signal is then used 
to re-modulate the amplified phase modulated signal to obtain a linear scaled version 
of input signal. 
The LINC and CALLUM [15] [16] utilize the RF synthesis technique to achieve 
linear amplification using nonlinear component. As shown in eqns. (3.5.1)-(3.5.3), a 
RF signal S(t) can be split into two phase modulated signal with constant envelop. 
These two phase modulated signal, Si(t) and S2(t), can be amplified by using 
nonlinear amplifier. The amplified Si(t) and S2(t) can then be re-combined to give a 
scaled version of the original signal. 
Sit) = E(t)cos[w^t + 0(0]�二�补 ) + S^(t) (3.5.1) 
where 
& (0 = cosK? + (pit) + a(0] (3.5.2) 
• 二五maxCOSK/ + 辦 ) - _ (3.5.3) 
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Chapter 4 Analysis of Feedforward Power 
Amplifier 
|l pi � A 
Main Amplifier 丨 + +丨 ^ J I I I I Vector ^ ^ C, __^__ C. r ^ > Modulator > ^ ^ Delay  
Error Extraction Loop Error Cancellation Loop 
卜P^ - U - — 1 — 1� 丄丄 ^ I__ I_ Vector [ > ~ ~ ^ ^ S ： c 1 ~ | i >  
Auxiliary Amplifier 
Figure 4.1 Feedforward structure 
The basic configuration of a feedforward power amplifier is shown in Fig.4.1. It 
consists of two signal cancellation loops, the distortion (error) extraction loop and the 
distortion (error) cancellation loop. In the distortion extraction loop, the main amplifier 
output signal is sampled and subtracted from the delayed version of the input waveform to 
obtain the distortion signal V/t). In the second loop, the extracted distortion signal is 
amplified, phase shifted and delayed in such a way that, when added to the output of the 
main amplifier, the distortion products disappear and leaving only a linear amplified signal 
Vioit). 
The Feedforward approach, while can achieve substantial IMD improvement, however, 
is suffered from low efficiency, and high sensitivity to parameter drift. The auxiliary 
amplifier required in the distortion cancellation loop has to be highly linear (thus poor 
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efficiency) since any distortion introduced by the auxiliary amplifier will appear directly at 
the feedforward output. Besides, the feedforward approach is based upon the subtraction of 
two nearly equal signals. Therefore, the performance of the feedforward system is very 
senskive to the phase, amplitude and delay mismatch between the different signal paths. In 
this chapter, the design specifications mentioned above will be reviewed and discussed. 
4.1 Feedforward Efficiency 
Efficiency of a system is a measure of the ratio between the RF output and the 
consumed DC power, that is, 
77 = - ^ (4.1.1) 
Pdc 
The feedforward power amplifier consists of two active devices, the main 
amplifier and the auxiliary amplifier, consuming DC power. The efficiency of the 
feedforward system is then given by: 
” FF = p (4.1.2) 
^MDC�卞 r^DC 2 Mo + 2 Eo 
” M VE 
where Plo is the linearized feedforward output power, Pmdc, Pmo and rj m are the 
consumed DC power, RF output power and efficiency of the main amplifier, and 
Pedc , Peo and 7  £ are the consumed DC power, output power and efficiency of the 
auxiliary amplifier respectively. The feedforward output power, referring to Fig 4.1, 
can be expressed as: 18 
Plo = PMOC^ L: (4.1.3) 
where au and the L2 is the insertion loss of the output coupler and second delay line, 
respectively. If the signal to distortion level at the main amplifier output is SDRm, 
then the output power of the error amplifier can be calculated as: 
p I m o ^ ^ (4.1.4) 
For a directional coupler, the insertion lose can be related to the coupling factor by: 
cc,=l-C, (4.1.5) 
Substituting equation (4.1.3)-(4.1.5) into equation (4.1.2) yields, 
One can observe from the above equation that the feedforward efficiency is governed 
by the following factors: 
1. Main amplifier efficiency 
2. Error amplifier efficiency 
3. Signal to distortion ratio of the main amplifier 
4. Delay line insertion loss 
5. Coupling factor of the output coupler. 
The Optimum coupling factor for maximum efficiency can be obtained by 
solving the C4 from the following differential equation [16]: 
^ = 0 (4.1.7) dc, 
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The extracted solution is: 
±y]r]Mrh:SDRM“-
= eMP r (4- 1.8) 
Fig 4.1.1 shows the typical efficiency characteristic of the feedforward system. 
Note that the efficiency can be enhanced significantly by choosing a proper output 
coupler. Besides, the delay lose have noticeable undesirable effect on the 
feedforward efficiency. 
2 5 I p 1 1 1 1 ‘ 1 1 ： 1   
� � \ Delay Loss=OdB 
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Fig 4.1.1 Feedforward efficiency characteristic 
(SDRm = 100，77m = 40 %, T]e = 5%) 
4.2 Design Criteria of the Auxiliary Amplifier. 
The ideal required power capacity of the auxiliary amplifier can roughly be 
evaluated by eqn. (4.1.4). However, due to the imperfect main tone suppression at the 
distortion extraction loop, the resultant distortion signal may contain residual main 
tone component. Therefore, depending on the suppression level achieved at the 
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distortion extraction loop, the required power capacity of the auxiliary amplifier 
should be certain dB greater than the ideal one obtained from the equ. (4.1.4) 
Any distortion products introduced by the auxiliary amplifier will appear 
directly at the output of the feedforward system. It means that the distortion 
introduced by the auxiliary amplifier should not exceed the distortion level at the 
feedforward output. For example, assume that 30dB IMD improvement at the 
feedforward output is required, the IMD level of the error amplifier should be 
smaller -30dBc. 
Assume that the�？IMD is the dominant distortion component, the bandwidth 
of the distortion signal is then about 3 times of the original main tone signal. 
Therefore, the bandwidth of the auxiliary amplifier has to be at least 3 times of the 
main tone signal. 
4.3 Sensitivity Analysis 
The unequalled IMD performance of the feedforward approach come at the expense of 
the requirement of the high degree of phase, amplitude and delay matching. This matching 
conditional has to be achieved over the bandwidth of interests, and maintained over the full 
dynamic range of the FFPA. This section discusses the required matching constraints for 
specific cancellation performance. It helps us to determine the requirements of the 
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component tolerance and the practical limitations of FFPA. 
4.3.1 Phase and Amplitude mismatch 
Viit) 0 K � 
牛 — 
——+ •Ig 凡 I  
Fig.4.3.1 Equivalent Signal flow Diagram of a Signal Cancellation Loop 
Considering the simplified block diagram of an signal cancellation loop as shown in 
Fig. 4.3.1，assume that the input signal is single sinusoidal tone, then the output error signal 
can be given by: 
V^ (0 = Acos(coj) - A(1 + S^) cos(a}j + ) (4.3.1) 
where A is amplitude of the incoming signal, (5^a and ^ & are the amplitude and 
phase mismatch of the two signal paths, respectively. The suppression ratio is defined as the 
power ratio between the error signal and the input signal, that is, 
SR = l O l o g ^ = lOlog 11 + (1 + SJ^ - 2(1 + | (4.3.2) 
Pi 
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Fig 4.3.2 Suppression Ratio as a Function of Phase and Amplitude Mismatch 
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Fig. 4.3.2 shows the suppression ratio in terms of the phase and magniludc mismatch. 
One can observe that high phase and magnitude accuracy are required to achieve a better 
cancellation performance. For example, to achieve 30dB suppression, the amplitude 
mismatch should be kept within 3%, and the phase error should be less than 0.5 degree. 
4.3.2 Delay Mismatch 
/ 
e ” 
Fig 4.3.3 Phase vs. Frequency plot of Two Signal Paths with Different Time Delay 
Unlike the gain and phase mismatch, the delay mismatch limits the bandwidth 
of the cancellation loop rather than the suppression ratio at a specific frequency. As 
shown in Fig 4.3.3, with the presence of delay mismatch, the phase balance and thus 
optimal cancellation can only be achieved at a specific frequency. 
v,(0 On • H  
•|r +Ar |  
Fig 4.3.4 Illumination of Delay mismatch 
Assume that the phase and amplitude are proper balanced and there is only a 
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delay mismatch A r between the two paths. Fig 4.3.4 shows the equivalent signal 
flow diagram. The error signal is just, 
V^(0 = Acos[coit -t)]-Acos[co(t-(t + At ) ) ] (4.3.3) 
The suppression ratio is hence, 
SR = 20log I | (4.3.4) 
where Acois the frequency offset from the center frequency. Assume that the delay 
mismatch is relatively small comparing to the bandwidth, eqn. (4.3.4) can then be 
approximated as: 
SR = 20log I AwAt I (4.3.5) 
If \B = Aoflit^ is the operating bandwidth of the system, then eqn. (4.3.5) can be 
rearranged as: 
10玉 Ar = — — （4.3.6) InB 
Equation (4.3.6) gives us the required delay accuracy to achieve a specified 
suppression ratio over a given bandwidth. 
The correspondence between the achievable suppression ratio and the delay 
mismatch is plotted in Fig. 4.3.5. Note that the delay mismatch doesn't affect the 
cancellation performance at the center frequency. Therefore, for narrow band 
application, the delay lines can be cut out. The delay line loss has been shown in 
section 4.1 to be an influential factor to the poor efficiency of the feedforward system. 
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The omission of the delay line can thus improve the efficiency. For board band 
application, the delay mismatch may result in very poor cancellation performance at 
the band edge, and therefore A r should be kept well below the value given by 
equ.4.3.6 
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Fig 4.3.5 Cancellation Performance in terms of the Delay Mismatch 
4.3.3 Combined effect 
With the presence of the gain, phase and delay mismatch, the suppression ratio of the 
linearization loop can be determined by: 
= 10 log 11 + (1 + — 2(1 + J J c o s ( - w A r + S,)\ (4.3.7) 
Fig. 4.3.6 plots the suppression ratio as a function of various loop parameters. 
Note that the centre frequency for maximum suppression is shifted, due to the 
presence of phase mismatch. The shift in centre frequency means that both the 
suppression ratio and suppression bandwidth are degraded, and the phase balance 
25 
thus becomes a more important factor for better cancellation performance. 
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Fig. 4.3.6 Suppression Ratio with Respect to Amplitude, Phase and Delay Mismatch 
In addition, with the presence of the delay mismatch, the suppression ratio at the 
optimal frequency is even better than the one without delay mismatch. The reason is 
that at the optimal frequency, the phase error introduced by the delay mismatch 
cancel out with the one due to the phase mismatch. Therefore, at the optimal 
frequency, there is no phase difference leaving only the amplitude error, and better 
cancellation performance can thus be achieved. 
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4.3.4 Practical Considerations 
In the construction of a feedforward amplifier, several factors regarding the 
practical requirement of the loop parameters have to be considered: 
• The flatness of the phase, amplitude and delay responses of the components 
should be kept well within the required accuracy over the entire bandwidth of 
operation. 
• The delay characteristic of the amplifier most likely may vary as a function of 
frequency. Conventional delay element used such as the transmission line may 
not well enough to compensate the imperfect delay characteristic of the 
amplifier. Phase equalizer [19] has been proposed for ultra board band design. 
• The parameters may drift for different operation condition such as change of 
temperature, ageing of component, etc. Thus, additional adaptive control 
circuitry is usually employed to compensate the variations. 
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4.4 Other Design Criteria 
Other design criteria that have not been discussed here are listed as below: 
• Stabihty problem: RB. Kenington has analysed the potential stability problem 
of feedforward system caused by the imperfect directivity of the couplers [20]. 
參 The effect of the impedance mismatch and imperfect isolation: They are proven 
to be undesirable for the cancellation performance [21]. 
參 Noise performance: Nick Pothecary has suggested that improved noise 
performance can be achieved by using the feedforward approach [22]. 
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Chapter 5 Adaptive Control Networks for 
FFPA 
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Fig. 5.1 Typical gain characteristic of a RF Power Amplifier (ERA-6SM) 
(Obtained from the application notes of the mini-circuit Co.) 
As discussed in section 4.3, the cancellation performance of a feedfoward loop 
is very sensitive to the amplitude, phase and delay mismatch. The transfer 
characteristic of the electronic components, however, may vary for different 
operating conditions such as the change of temperature, power level or frequency etc. 
Fig.5.1 shows a typical gain response of an amplifier (ERA-6Sm of mini-circuit Co.). 
Note that the gain of the amplifier varies as a function of frequency and temperature. 
For example, there is more than 0.5 dB drift in power gain over a 100°C temperature 
range. From equation (4.3.2)，for a 0.5dB power gain mismatch, the achievable 
suppression ratio is not better than -25 dB without considering the phase and delay 
mismatch. 
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5.1 Basic principles of the Adaptive Control Network 
For a practical FFPA, additional adaptive control network have to be introduced 
to compensate the variation of the operation condition. A lot of the research works 
have been reported in the past years on the design of adaptive control network that 
can achieve better compensation with faster convergence rate and low circuit 
complexity. 
5.1.1 Lookup Table 
The simplest control technique is to use a DSP lookup table. In this method, the 
amplifier has to be well characterized with respect to various environmental 
parameters such as the power level or temperature. The control parameters of the 
compensation network can thus be predetermined and stored in a lookup table. 
During operation, the detectors such as temperature sensor or power detector are 
used to measure the environmental parameters and proper parameter values are 
selected from the lookup table for the control network. The lookup table approach is 
one of the simplest and fastest control techniques. However, it is very difficult and 
time consuming to fully characterize an amplifier. This is the main drawback of this 
technique especially in mass production. 
30 
5.1.2 Power Minimization Vs. Correlation 
Despite the lookup table method, the control algorithms most likely are based 
upon two equivalent principles, the power minimization technique and the 
correlation technique. 
I U I . vm 
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Fig. 5.1.1 Typical configuration of adaptive feedforward power amplifier with power 
minimization technique 
The power minimization technique, as shown in Fig. 5.1.1, relies on searching 
for the optimal parameters such that the powers at the corresponding points are 
minimized. In the distortion extraction loop, the target is to minimize the main tone 
component. The residual carrier power level may be greater than the IMD signal. 
Any change of the residual carrier power, will therefore, have a noticeable effect on 
the detected power output. Hence, the adaptation algorithm is used for minimizing 
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the power of the extracted distortion signal. At the distortion cancellation loop, 
however, the situation becomes more complicated. The IMD component, that is 
supposed to be minimized, is much smaller than the main carrier signal at the 
feedforward output. Any change in the main tone signal level will alter the detected 
power at the feedforward output significantly. The variation of IMD power level is 
thus masked by the stronger main tone component. The result is an extremely long 
averaging time required by the distortion cancellation loop. Because of this, an 
additional detector, as shown in Fig 5.1.1，is usually needed to keep track of the 
variation of the main tone signal. However, even in the presence of the additional 
detector, the result is still unsatisfactory. The distortion component at the feedforward 
output, in general, is smaller than the main tone signal by more than 50dB. The 
change of the IMD power level has a very small effect on the detected power at the 
feedforward output. Such kind of small variation is almost undetectable. 
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Fig. 5.1.2 Adaptive Feedforward PA using Correlation Technique 
An alternative method is to use the correlation technique. The typical structure 
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of the feedforward PA utilizing correlation control network is shown in Fig. 5.1.2 
Based on the linear estimation theory, the covariance of the error signal and the basis 
of the estimate can form a gradient signal for adaptation. Therefore, at the distortion 
extraction loop, the extracted error signal is used to correlate with the original signal 
to generate the gradient signal. When the loop is successfully converged, only the 
IMD component is left in the distortion signal, and the distortion signal thus is now 
uncorrelated with the main tone signal. The adaptive behavior of the distortion 
cancellation loop is operated in a similar manner. The distortion signal is now 
become the basis of estimate and the linearized output is the error signal of the 
adaptation loop. The masking of the IMD signal by the stronger main tone signal at 
the feedforward output encountered in the power minimization method, again, results 
in strong self noise and thus long convergence time at the distortion cancellation loop. 
The operation principles and the problems encountered by using this method will be 
discussed in details in chapter 6. 
Comparison between power detection and correlation techniques can be summarized 
as follows: 
1. Power measurements are inherently noisy, Therefore, the power detection 
method always requires longer convergence time than the correlation 
technique. 
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2. For power detection method, small perturbation in the control signal is 
required to determine whether it is still at the optimal point even after 
successful convergence. This may result in increased IMD power. 
3. For correlation detection, the offset voltage associated with the mixer may 
result in incorrect convergence. 
5.2 Analog Vs Digital Implementation of the Adaptive Control 
Network. 
Certain adaptive control networks are developed in the past for feedforward 
system. Some of them use analog circuits [23| while the others utilize digital signal 
processing icchniqiic�241 1251 [-6]. The compansons between ihc analog and digital 
1 nip Ic mental ion of the adaptive control network arc listed as following: 
1. DSP implemented control network allows some spccial DSP functions to ho 
rcali/cd such as the use of narrcnv band MR filter, manipulate clala using 
nicHK r^N. or pcrtorm ！1'  calculation 
2. I'sing DSP tcchnajiic u lil result in less RI- ciHnpoiicnts. The cost and si/.c 
thus can ho rcJuccd. I hc DSP function can he inlcgratcd into a single chip, 
and the si/c. hcncc. can be tun her rcduccd 
3. T he DC offset of ihc mixers used in analog correlation dclcclion may result 
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in incorrect convergence. 
4. The operating bandwidth may be limited by the speed of the DSP since the 
sampling rate has to be certain times greater than the bandwidth of the 
incoming signal. 
5. Error introduced during the sampling or quantization process may limit the 
achievable accuracy. 
5.3 Techniques for Improving the Convergence Behavior at 
the Distortion Cancellation Loop. 
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Fig 5.3.1 Adaptive FFPA with Pilot Tone Injection Technique 
(Power Minimization Method) 
This section introduces several techniques used to enhance the poor 
convergence behavior at the distortion cancellation loop. The pilot signal injection 
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technique is one of the popular methods [27]. This technique simply involve in 
injecting a pilot signal, as shown in Fig 5.3.1，to the distortion cancellation loop. The 
pilot signal can be a single carrier signal that is close to the fundamental tone. The 
injected pilot signal is amplified by the main amplifier, and eliminated at the 
feedforward output just like the IMD signal when the distortion cancellation loop is 
proper balanced. The control scheme at the distortion cancellation loop is now 
aiming to minimize the pilot signal. The pilot signal is much easier to be detected 
than the IMD signal at the feedforward output because it's far apart from the main 
tone signal, and thus can be extracted using filtering technique. The result is an 
improvement in the convergence accuracy and convergence rate. This pilot injection 
technique can be used in both power minimization and correlation methods, and is 
proven to be valuable. However, certain problems are faced by using this technique: 
1. The pilot signal approach optimizes the distortion cancellation loop at the 
pilot frequency. However, IMD signal, in general, is a broadband one (3 
times of the original bandwidth). The optimal solution at the pilot frequency 
only ensures the acceptable cancellation performance near the pilot 
frequency. However, it doesn't assure optimal solution over the entire 
operating bandwidth. A broadband pilot [28] can be used instead to solve 
this problem with a cost of increased complexity. 
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2. The injected pilot signal is usually much smaller than the main tone 
component, and, hence, has no significant effect on the loading of the main 
amplifier. However, the power level of the pilot signal may almost be the 
same or even higher than the IMD signal and result in the need of an 
auxiliary amplifier with increasing power capacity and hence reduced power 
efficiency of the feedforward system. 
3. The pilot signal mixes with the fundamental tone at the main amplifier and 
generate additional IMD product. Even though it will be removed at the 
feedforward output, it again increases the loading of the auxiliary amplifier 
4. Incompletely suppressed pilot signal will appear as new distortion 
component at the feedforward output. 
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Fig 5.3.2 Adaptive Feedforward Power Amplifier with IF Filtering Technique 
(Correlation Method) 
An alternate method is to suppress the main tone component at the feedforward 
output, using either a notch filter [29] or an additional signal cancellation loop [30], 
37 
before feeding it to the control network of the distortion cancellation loop. The 
typical structure of an adaptive feedforward PA with notch filter is shown in Fig 5.3.2. 
The signal to distortion ratio at the feedforward output, in general, is very large, e.g. 
greater than 50dB. Therefore, the filter should have a deep suppression notch with 
very sharp cut off edge. Such kind of notch filter is very difficult if not impossible to 
realize at RF frequency. The IF notch filter is thus used instead. Therefore, the 
feedforward output signal has to be down-converted to IF frequency before feeding it 
to the IF notch filter. For multi-carrier amplifier, an IF filter with multi-null has to be 
employed. Such kind of IF filter are very difficult and expensive to construct. 
Instead of using IF filtering technique. An additional signal cancellation loop 
can be used to enhance the convergence behavior at the distortion cancellation loop. 
It will be discussed in depth in chapter 6. 
5,4 Important Notes on the Control Networks. 
The important criteria that need to be paid attention during the design of the 
control network for a FFPA are given below: 
1. The adaptation rate of the distortion extraction loop must be high enough to 
keep track of the variation of the operating conditions of the main amplifier. 
In the distortion cancellation loop, the components including the auxiliary 
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amplifier are operated in linear region. The transfer characteristics of those 
components will not change rapidly, and the adaptation rate hence can be 
slower. 
2. The control network itself should introduce as little distortion as possible to 
the feedforward output. 
3. The compensation network should be placed at the upper branch of the 
distortion extraction loop to avoid disturbing the input reference signal. 
Besides, the additional distortion generated by the compensation network can 
be eliminated at the feedforward output just like the IMD signal. 
4. The control network should remain stable for various operation conditions. 
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Chapter 6 Move丨 Analysis of Adaptive FFPA 
In this chapter, the adaptation performance of the gradient-based adaptive FFPA 
will be discussed and analyzed. Explicit formulas showing the interdependency 
between the loop parameters such as coefficient jitter, convergence rate are derived 
for two tone and digitally modulated test signals. Improvement in adaptation 
performance due to the presence of the additional signal cancellation loop will be 
revealed. The theoretical, computer simulation and experimental results are presented 
for the validation of the proposed analysis method. 
6.1 Gradient Algorithm 
It is one of the most popular algorithms for adaptive control system due to its 
simplicity and ease of implementation. For a closed-loop system, the error signal is 
given as: 
叫 乂� （6.1.1) 
where Vm is the desired signal and Vo is the estimated signal. The power of the error 
signal is proportional to the loss function defined by: 
= (6.1.2) 
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In the gradient technique, the controllable parameter {a) is adjusted by using the 
gradient of the loss function until the power of the error signal is minimized, that is, 
da dJ de ——=-K——:-Ke—— (6.1.3) dt da da 
For a linear forward gain estimation system with a single adjustable parameter a, the 
error signal can be written as: 
^ = (6.1.4) 
Substituting eqn. (6.1.4) into (6.1.3) yields, 
= (6.1.5) at 
=> = 爪^(if (6.1.6) 
From above equation, one can observe that, the gradient signal for adaptation 
can be obtained by taking the covariance of the error signal and the basis of the 
estimate, and this is well know as linear estimation theory. 
6-2 Dual Loop Adaptive FFPA 
In this section, novel analysis method will be carried out to investigate the 
convergence behavior of a dual loop adaptive FFPA with gradient based adaptation 
algorithm. The trade off between the achievable accuracy and convergence speed 
will be analyzed. The strong bias effect and extremely long convergence time at the 
distortion cancellation loop will be revealed and discussed. The undesirable effect of 
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delay mismatch on the achievable accuracy will also be addressed. 
6.2.1 System Modeling 
Fig 6.2.1.1a shows the typical structure of the dual loop FFPA. Fig 6.2.1.1b 
indicates the corresponding baseband equivalent signal flow diagram, in which the 
RF signals are replaced by their complex envelope. The coupler lose has no effects 
on the adaptation performance, and thus can be neglected. Note that, as mentioned in 
section 5.4, the compensation network, in general, should be placed at the upper path 
of the distortion extraction loop. However, the adaptation behavior analysis for this 
configuration is complicated by the cubic term of the nonlinear amplifier, that only 
has little influence in the adaptation performance. Therefore, for the sake of analysis, 
compensation network placed at the lower branch in the baseband equivalent model • 
is considered. 
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、.（/» =、 • ( / ) - aif) V i f ) 
=["丨 - a ( r ) 1�-”卜"-’ I V m | : � ’ � (6.2.1.2) 
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The linearized feedforward output signal is then, 
(6.2.1.3) 
Based on the linear estimation theory mentioned in previous section, the control 
signal can be generated by taking the covariance of the error signal and the basis of 
the estimate. In the distortion extraction loop, Vd(t) is the error signal and Vi(t) is the 
basis of estimate, while in the distortion cancellation loop, vio(t) is the error signal 
and Vd(t) is the basis of the estimate. Therefore, the complex control signals, named 
0((t) and Pit), for the two signal cancellation loops can be evaluated by following 
expressions [31]: 
^ ( 0 = � [ �( h )dt, (^ 1 )v； (t, )dt (6.2.1.4) 
•'U wO 1 
Pit) ^kp^up(t,)dt, = kp£V,{t,)v；{t,)dt, (6.2.1.5) 
Where the ndt) and n^t) are the noise estimate of the control signal. 
6.2.2 Adaptation Behavior of the Distortion Extraction Loop 
When the distortion extraction loop is converged, the distortion signal is 
uncorrelated with the input signal, hence, 
^[v,(0v;(0] = 0 (6.2.2.1) 




= —^—— (6.2.2.2) 
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where Pi is the power of baseband input signal Vi(t). The ccc(t) value given by 
above equation is numerically equal to the linear voltage gain of the main amplifier. 
One can observe that both the phase and magnitude of the linear voltage gain are 
varied as a function of the input power. Therefore, the adaptive control networks is a 
necessitate to keep track of the variation of the linear gain. 
Similarly, subshtuting eqn. (6.2.2.2) into (6.2.1.2) yields the converged distortion 
signal as 
(0 - ^^tlMJ-v, (t) + IV, (t) p v,.(0 (6.2.2.3) 
The converged n M , hence, is. 
E\ V.it) ， ^ 
= y IV, (0 r 1V, (0 r (6.2.2.4) 
The nac(t) functions as the self noise of the adaptation network of the distortion 
extraction loop. The gradient signal for adaptation is simply: 
g �= � ] =E [ v , (r)v； (,)] (6.2.2.5) 
Combing eqns. (6.2.1.2)，（6.2.2.2) and (6.2.2.5), we can rewrite the gradient signal as 
gl=[cc -^a{t)]P^ (6.2.2.6) 
Based on eqns. (6.2.2.4) and (6.2.2.6), the equivalent feedback model of the 





Fig 6.2.2.1 Equivalent Feedback Model of the Distortion Extraction Loop 
Subsequently, the transfer function between oCc and a{t) can be shown as, 
HaaLn = # � = ~ ^ ^ (6.2.2.7) 
If Oc experiences a step change from (1 to ao, the time response of a(t) can 
be calculated from above equation as: 
f 
a ( t ) = a^ l - K e (6.2.2.8) 
V y 
where Ta is the time constant of the adaptation loop given by: 
(6.2.2.9) 
The time required for the a(t) to converge to a specific accuracy, = [a^ -a{t)]/a^ 
is then: 
(6.2.2.10) 
Equ. (6.2.2.10) gives us a clear insight into the convergence speed of the 
distortion extraction loop. The convergence rate can be enhanced by reducing the 
time constant of the adaptation loop. However, as will be discussed later, small time 
constant can result in poor coefficient jitter. 
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According to Fig6.2.2.1, the transfer function from the self noise ndt) to a(t) can be 
written as: 
1 11� (6.2.2.11) 
The variance of the control signal is therefore, 
� H n a ( / ) r df (6.2.2.12) 
•7—oo 
where Nacif) is the power spectrum of nac(t). 
The coefficient jitter is defined as the ratio of the average error to ac, that is, 
/� 厂 ( 6 . 2 . 2 . 1 3 ) 
丨仅J 
The coefficient jitter is used as a figure of merit to evaluate the achievable 
accuracy. The transfer function Hndf) can be regarded as a low pass filter for 
suppressing the self noise with the cut off frequency given by: 
(6.2.2.14) 
2畔“ 
For a larger time constant, the bandwidth of Hndf) is reduced, and the result is a 
weaker self noise and thus better coefficient jitter in the control signal. However, as 
shown in equ (6.2.2.10), large time constant can lead to slow convergence speed, 
therefore, there is a trade off between the achievable accuracy and convergence rate. 
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6.2.3 Adaptation Behavior of the Distortion Cancellation Loop 
If the distortion cancellation loop is successfully converged, the distortion signal 
and the feedforward output signal are uncorrelated, therefore, 
可 二 0 (6.2.3.1) 
Substituting eqns. (6.2.2.2) and (6.2.2.3) into (6.2.1.2) and (6.2.1.3) gives, 
V, (0 = [a^ - a(0]v. (0 + V论(0 (6.2.3.2) 
v^ (0=V, (0 一 m v , ( 0 = ( 0 + [ 1 — ( o (6.2.3.3) 
According to eqns. (6.2.3.1) - (6.2.3.3), the mean value of the converged p(t) 
can be calculated as: 
� — 
从=1 + a ,� 腿m = 1 + ‘奶 (6.2.3.4) 
L 仅 c � 
If the distortion extraction loop is well balanced, £a=0 , then, 
P, =1 (6.2.3.5) 
And the linearized feedforward output is simply, 
= (6.2.3.6) 
It is clear from eqn. (6.2.3.6) that a linear amplified signal, with \ac\^  power gain, 
can be obtained at the feedforward output when both signal cancellation loops are 
properly converged. 
The converged n0(t) is now given by: 
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=a ,卜< 五[丨] I V , � |2 + < IV, ( 0 |4] 
= a y (0 (6.2.3.7) 
COC 
The gradient signal for adaptation is evaluated as, 
gl=E[n^(t)] = E[v:(t)v^(t)] 
=E{ [[a, - a(t)T V； (0 + v l � ] � + - J3(t)]v,c (01} 
= -a{t)TP^ - m ] P , c (6.2.3.8) 
When the error extraction loop is properly balanced, a(t) = ac, then, 
g l = W c - m ] P , c (6.2.3.9) 
According to eqns. (6.2.3.7) and (6.2.3.9)，the equivalent feedback model of the 
distortion cancellation loop can be drawn as below. 
Pc —— 丄 —— m 
牛 , I 
Pit) 
Fig 6.2.3.1 Equivalent Feedback Model of the Distortion Cancellation Loop 
The transfer function from the self noise npdt) to Pit) is just, 
H 身 (6.2.3.10) 
where Tp is the time constant given by 
r � = + (6.2.3.11) 
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By following the similar procedures described in previous section, we can 
obtain the expressions for the convergence time and coefficient jitter as: 
tp =-Tp I n ^ (6.2.3.12) 
/ 广 冬 = 〜 （6.2.3.13) 
r'c 
where ep is the required accuracy, A^ is the step size and dp is the standard 
deviation of the control signal evaluated by: 
df (6.2.3.14) 
6.2.4 Accuracy Requirement of the Control Signals 
If we consider the two signal cancellation loops separately, it is very clear that 
the required accuracy of a(t) solely depends on the required main tone suppression 
ratio at the distortion extraction loop, and the required accuracy p(t) relies on the 
expected IMD suppression ratio at the feedforward output, that is, 
小 10 20 (6.2.4.1) 
SRp 
小 l o i (6.2.4.2) 
where the ea’£p’ SRa and SRp are the required accuracy of control signal, and 
the required suppression ratio associated with the distortion extraction and distortion 
cancellation loop, respectively. For example, if we want to achieve 20 dB 
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suppression at either loop, then the required accuracy of the corresponding control 
signal should be kept within 10%. However, eqn. (6.2.3.4) suggested that, the error in 
the control signal a(t) can lead to incorrect convergence of P(t). From eqn. (6.2.3.4), 
we can obtain another accuracy constraint on a(t) as: 
I e'a 1= 二 J (6.2.4.3) 
腿讲 V SDRJDRb 
where the SDRLO is the signal to distortion ratio at the feedforward output. From 
above equation, one can observe that the required accuracy of a(t) is smaller than the 
J3(t) by a factor of 1/SDRm. The signal to distortion ratio of the main amplifier in 
general is quite large. Therefore, eqn. (6.2.4.3) imposes a very tight constraint on the 
required accuracy of cx(t). For example, if we need to achieve 30dB IMD suppression 
and SDR,n is also 30dB, then the required accuracy of a(t) is 0.003% and this is 
almost unrealizable. Section 6.3 will discuss on how to improve this situation by 
introducing an additional signal cancellation loop. 
6.2.5 Effect of Delay Mismatch on the Convergence Accuracy 
Section 4.3.2 indicates that delay mismatch limits the bandwidth of the signal 
cancellation loop. Despite of that, this section will show you that the delay mismatch 
can lead to incorrect convergence, and thus result in limited cancellation 
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performance. 
Considering the distortion extraction loop with a delay mismatch between the 
upper and lower branches, then eqn. (6.2.1.2) can be written as: 
V, (t) = V�(0 - a{t) V. (t + T) (6.2.5.1) 
Substitute eqn. (6.2.5.1) into (6.2.2.1) gives the mean value of converged a(t) as: 
a : (6.2.5.2) 
where Rvi( t) is the autocorrelation function of the input signal. The achievable 
accuracy of the control signal a(t) is then, 
e^ = l ^ (6.2.5.3) 
K � 
Similarly, one can derive the achievable accuracy of fft) as: 
� = 1 -^ ^ (6.2.5.4) 
Equs (6.2.5.3) and (6.2.5.4) indicate that the delay mismatch results in incorrect 
convergence, and this is another constraint on the delay mismatch. 
6.2.6 Convergence Behavior for Two Tone Input Signal 
Two tone test is one of the most commonly used method to evaluate the IMD 
performance of a power amplifier. In this section the adaptation behavior of the dual 
loop FFPA will be analyzed for a two tone input signal. 
A typical two tone signal with equal phase and amplitude can be written as: 
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y. (0 = — [cos(2;r(/^ - B)t + (9) + cos(2;z:(/^ + B)t) + 6] 
- A c o s ( 2 ; r价） + (9) (6.2.6.1) 
The equivalent complex baseband signal is then, 
V. (0 = A c o s ( 2 _ Z (6.2.6.2) 
The power of Vi(t) hence is 
A2 
P, = — (6.2.6.3) 
The fourth order moment is just: 
别 V,�)|4]=寻 A4 二 
8 2 (6.2.6.4) 
6.2.6.1 Distortion Extraction Loop. 
Substituting eqn. (6.2.6.2) - (6.2.6.4) into (6.2.2.2) - (6.2.2.4) yields, 
3 cCc (6.2.6.5) 二�
V企0) = -^a^P^ cos{6nBt)e'^ (6.2.6.6) 
n^it) - -a^P^[cos{AnBt) + cos(8;r50] (6.2.6.7) 
From eqn. (6.2.6.6), we can obtain the distortion power as 
(6.2.6.8) 
According to eqn. (6.2.6.7) and (6.2.6.8) the power spectrum oiriacit) can be derived 
as, 
NM�= \ PiP,c + 25) + S{f — 2B) + d{f + 45) + S{f — 45)] (6.2.6.9) 
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Substituting eqns. (6.2.2.11) and (6.2.6.9) into (6.2.2.12)，we gets 
6l =——^——- (6.2.6.10) ？>2P.{27TT^Bf 
Based on eqns. (6.2.6.10)，（6.2.2.10) and (6.2.2.13)，the coefficient jitter can be 
approximated as: 
Ja =丄 J ^ 丄 义 （6.2.6.11) 
To achieve a specific accuracy, the coefficient jitter should keep within the required 
accuracy. Therefore, inserting Ja�二 £ a into eqn. (6.2.6.11) and rearranging, the 
minimum convergence time required to achieve a specific accuracy „ is obtained: 
, I n ^ 
5 A^  
= - J — (6.2.6.12) 
Eqn. 6.2.6.12 indicates that there is a trade off between the convergence rate and the 
achievable accuracy. For example, if we want to achieve 30dBm main tone 
suppression for a main amplifier with 30dB signal to distortion ratio, then the 
required accuracy Sa is about 1%. Assuming that the initial value of a(t) is 0, then 
and the minimum convergence time thus can be calculated from above 
equation as 0.2 reciprocal bandwidth. This is good enough for most application. 
For better accuracy, longer convergence time is required. Note that for an amplifier 
with larger SDR丨n, the required convergence time is relatively smaller. In other words, 
better convergence performance can be achieved at the distortion extraction loop for 
a more linear amplifier. The comparison between the theoretical results given by 
eqn.6.2.6.12 and the simulation results is shown in Fig. 6.2.6.1. Good agreement 
between the predicted and simulated results is observed. 
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Fig. 6.2.6.1 Simulated and Theoretical Results of the Convergence Behavior in the 
Distortion Extraction Loop with a Two Tone Test Signal (AcF=1) 
6.2.6.2 Distortion Cancellation Loop. 
According to eqns. (6.2.3.7) and (6.2.6.9)，we can obtain the power spectrum of 
npc(t) as, 
〜次(/)—义 |2 N ^ i f ) 
= I' PiP,c [例 / + 25) + S(f - 2B) + S(f + 4B) + S(f - 4B)] 
= + 25) + S(f — 2B) + S{f + 4B) + S(f - 45)] (6.2.6.13) 
By following the similar procedures described previously, we can derive the 
formula for the required accuracy versus convergence time as: 
_ _ i n ^ 5SDR A^ 
‘ H 32 2 肪 , (6.2.6.14) 
For comparison purpose, if the same accuracy requirement and step change of 
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a(t) and P(t) is assumed, we obtain: 
�rnin 二厭人rnin (6.2.6.15) 
It is clear that the convergence time of the distortion cancellation loop is greater 
than that of the distortion extraction loop by a factor of SDRm. The signal to 
distortion ratio of the main amplifier is usually large, and therefore, extremely long 
convergence time is required in the distortion cancellation loop. Following the 
example mentioned in previous section, to achieve 40dB IMD improvement, the 
convergence time is about 300 reciprocal bandwidths. Fig. 6.2.6.2 shows the required 
accuracy as a function of convergence time for different SDRm value. Note that 
unlike the distortion extraction loop, the convergence speed is faster for smaller 
SDR,n. 
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10-� \ �-
‘ I ‘ ‘——• . . > 
lo" 1o3 ic/" 
Initial convergence time / reciprocal bandwidth Fig 6.2.6.2 Adaptation Performance of the Distortion Cancellation Loop with Two 
Tone Test Signal.(�尸 1) 
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6.2.6.3 Simulation Results 
Fig 6.2.6.3 shows the simulation results of the dual loop FFPA using the 
complex baseband equivalent model (refer to appendix I for the simulation program). 
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Fig 6.2.6.3 Simulation Results of the Adaptive FFPA Using Complex Baseband 
Equivalent Model 
Distortion Extraction Loop Distortion Cancellation Loop 
Coefficient Jitter 1% 0.8 % 
Initial Convergence Time (1/B) 2.5 216 
Suppression Ratio (dB) 40 20 
Table: 6.2.6.1 Adaptation Performance of the Dual Loop FFPA with Two Tone 
Test Signal {SDRm = 20dB) 
Note that the suppression ratio at the distortion cancellation loop (20dB) is 
much worst than the predicted one (>40dB). This is mainly due to the bias effect of 
the Pc mentioned in section 6.2.4. Besides, the variations of the control signals 
introduce additional higher order distortion products as shown in Fig 6.2.6.3 (c) and 
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(d). In addition, the convergence behavior of the distortion cancellation loop will 
start to follow the expected one given by eqn. (6.2.6.14) only after the successful 
convergence of the a(t). This can be seen from Fig 6.2.6.3(f) that the adaptation rate 
of P(t) is unnatural at the beginning, in compared to the predicted response. 
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6.2.7 Convergence Behavior for Digital Modulated Test Signal 
Unlike the two tone test, the analysis of the adaptation behavior for a digital 
modulated test signal is complicated by the difficulties in modeling the spectrum of 
the corresponding signals such as Nox(f) and Npc(f). and the stochastic theories have 
to be employed [32], [33], [34]. 
The QPSK modulated input signal can be written as: 
(0 = m cos(27fj) + Q(t) sm(27tfj) 
=E. (t) cos[27tfj + 6>(0] (6.2.7.1) 
where, 
E,(t) = ^l\t) + Q\t) (6.2.7.2) 
0(t) = tan-i ^ (6.2.7.3) _ (^0 _ 
The equivalent complex base band signal is then given by: 
V, (0�二 l i t ) + m )� 二 E 丨 ( 6 . 2 . 7 . 4 ) 
Furthermore, the v/1) can be modeled as a zero mean band-limited white Gaussian 
stationary process [36] having following identities, 
(r)v； (r + r)] = R .^ (r) (6.2.7.5) 
E[v,{t)v^{t + T)] = 0 (6.2.7.6) 
where Ryi(T) is the autocorrelation function of v,(7). The power spectrum of Vi(t) can 
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where Pi and B is the power and bandwidth of the baseband input signal. A formula 
for calculating the moments of complex Gaussian random variable is [35]: 
E[X,X,……XJC;X;……JO 
E五X；X；]……EIX一)X：] m = n 
冗 (6.2.7.8) 
0 m右n 
where Xi, X2’ X3 Xm are samples of a zero-mean, complex Gaussian process, and 
71 is a permutation of the set of integers {1,2.3 m}. Another useful identity is: 
E [ { X X j y ] = n \ E [ x X j \ (6.2.7.9) 
6.2.7.1 Distortion Extraction Loop 
Using eqn. (6.2.7.9), we can calculate the fourth-order moment of Vi(t) as: 
本⑴I ' l二 � ] 2 } = 2E[v^(t)v:(t)f = (6.2.7.10) 
Substituting eqn. (6.2.7.10) into (6.2.2.2) - (6.2.2.4) gives, 
(6.2.7.11) 
v,^(t) = -2a,Rv.(t) + a,\v.{t)\'~ v.(t) (6.2.7.12) 
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n^(t) = -2a,P, |v , (Op + 以3 k W|4 (6.2.7.13) 
Subsequently, the power of the distortion signal is simply, 
Pdc = E[vl(t)v,^{t)] = 21 “3 |2 / f (6.2.7.14) 
The power spectrum of the self noise nac(t), Nnacif), is calculated as, 
N M ) = f RcAT)e-帅dT (6.2.7.15) y—oo 
The autocorrelation function of nac(t), R瞻 ( t ) , can be given by: 
=E{[-2a,P, |v,(0 |2 +^3 |v.(0 + +A； \v,(T+ T)\']} 
=41^3 p i f V . � |21 V, (t + T) p P.E[\ V. (Op| v, (t + T)\'] 
-2\a, |2 + p E[\v.(t)\'\v.(T+ T)\'] (6.2.7.16) 
Appling equ (6.2.7.8) yields, 
别 V, (0 | 2 k � + r ) |2 ] = / f + Rvi �� （6.2.7.17) 
尉 IV, (0 |21V. (t + T)\'] = E[\ V. (t) r |v ,(r + r ) p ] = 2P.' + 4P.R^. (t)R: (T) (6.2.7.18) 
五[I V,-(0 ri V,{t + T)\'] = 4P； + 1 6 P 严 R V I � � + (T)R：'(T) (6.2.7.19) 
Inserting eqns. (6.2.7.17) - (6.2.7.19) into (6.2.7.16)，we obtain, 
R政⑴二 41 |2 ⑴ ⑴ + ⑴<，⑴ j (6.2.7.20) 
The power spectrum of nac(t), hence, can be calculated from eqn. (6.2.7.7), (6.2.7.14) 
and (6.2.7.20) as: 
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= “312 [y , . ( / )®y,( - / )+V^-( / )®v^.( / )®V, . ( - / )®y,( - / ) ] 
\f\<2B B 3 2 B A B 16 B 
= 4 - Z 2B< f <4B (6.2.7.21) 485 L 5 � J 
0 Otherwise 
Fig 6.2.7.1 shows the predicted spectrum using eqn. (6.2.7.21) and the 
simulated one. One can observe that the formula can well model the real spectrum of 
the self noise. 
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Fig. 6.2.7.1 Predicted and Simulated Power Spectrum of Uadt) 
The variance of the control signal a{t) can be found by substituting eqns. 
(6.2.7.21) and (6.2.2.11) into (6.2.2.12). However, the equation is too complicated to 
be solved. Fortunately, the bandwidth of riadt), in general, is much greater than the 
63 
loop bandwidth. Therefore, to simplify the analysis, we can assume that the power 
spectrum of the self noise riadt) is flat with the magnitude given by Nnac(O). 
Consequently, eqn. (6.2.2.12) can then be rewritten as: 
《 = 厂 N慮(0) (/) |2 df (6.2.7.22) 
«；oo 
where 
N 處 例 ( 6 . 2 . 7 . 2 3 ) 
Substituting equs (6.2.7.23) and (6.2.2.11) into (6.2.7.22) yields 
�二 t S ^ (6.2.7.24) 
Combing eqns. (6.2.2.10)，（6.2.2.13)，and (6.2.7.24), the coefficient jitter may be 
derived as: 
H ^ ^ ^ (6.2.7.25) 
I m <x 
To achieve a specific accuracy Sa, we have to keep the coefficient jitter well within 
The minimum convergence time to achieve a specific accuracy can thus be 
calculated from eqn. (6.2.7.25) as: 
'一 =6SDRJIB 
Fig 6.2.7.2 shows us the theoretical results extracted by using eqn. (6.2.7.26) 
and the simulation results of the adaptation behavior in the distortion cancellation 
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loop. Using the same example in the two tone test, that is, for a main amplifier of 
20dB SDR, and a 40dB main tone suppression, the initial convergence time is about 
384 reciprocal bandwidths. 
~‘—‘” ‘1 —‘~‘~‘™I • ‘ ‘ ‘ ‘ 
Simulatiton Result 
-1 S D R m = 15 dB “ ~ Theoritical Result 10 ^ ！ -
S D R m = 20 dB 
................... 
\ 
Initial convergence time / reciprocal bandwidth 
Fig. 6 .2 .7 .2 Simulat ion and Theore t ica l Resul ts of the Adapta t ion P e r f o r m a n c e at the 
Distort ion Extract ion Loop for a Digital Modu la t ed Test S i g n a l . ( � � = 1) 
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6.2.7.2 Distortion Cancellation Loop 
From eqn. (6.2.3.7)，the self noise spectrum of the distortion cancellation loop is 
equal to: 
N ^ i f ) (6.2.7.27) 
The theoretical and simulated self noise spectrum is shown below. 
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Fig 6.2.7.3 Theoretical and Simulated Self Noise Spectrum N/3c(f) 
Following the similar procedures mentioned in the previous section, the formula 
governing the convergence performance at the distortion cancellation loop can be 
derived as: 
= = " " " " L s D R l t 卢 ( 6 . 2 . 7 . 2 8 ) 
In 4 
A. 
Assuming that we want to achieve the same degree of accuracy in both loops 
and they have experienced same step change, eqn. (6.2.7.28) is then reduced to: 
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t p M . =讚� 一 (6.2.7.29) 
I t can be seen from the above expression that the problem of long convergence 
associated with the distortion cancellation loop is even much worst than the two tone 
case. The convergence time is now greater than the one at distortion extraction loop 
by a factor on SDRm . By following the previous example, the minimum convergence 
time to achieve 40dB I M D improvement is 3x10^ reciprocal bandwidths, and it is 
unacceptable for most application. Figure 6.2.7.4 shows us the adaptation 
performance of the distortion cancellation loop. 
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Fig 6.2.7.4 Required Accuracy vs. Convergence Time at the Distortion 
Cancellation Loop (Ap = 1) 
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6.2.7.3 Simulation Results 
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Distortion Extraction Loop Distortion Cancellation Loop 
Coefficient Jitter 2% 8 % 
Initial Convergence Time (1/B) 500 1500 
Suppression Ratio (dB) >30 20 
Table: 6.2.7.1 Adaptation Performance of the Dual Loop FFPA with Digital 
Modulated Test Signal (SDRm = lOdB) 
Fig 6.2.7.5 shows the simulated result of the dual Loop FFPA with digital 
modulated test signal, and the performance is summarized in Table 6.2.7.1. (The 
simulation program is available in appendix I) For simulation purposes, the power 
amplifier is driven into deep saturation in order to reduce convergence time of the 
distortion cancellation loop. One can observe that very large coefficient jitter still 
exists at the distortion cancellation loop even with long convergence time. 
69 
6.2.8 Comparison for the Adaptation Performance with Two Tone and 
Digital Modulated Test Signal 
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Fig 6.2.8.1 Comparison for the Adaptation Performance with Two Tone and Digital 
Modulated Test Signal {Aa=Ap= 1) 
The comparison between the adaptation performances for the two tone and 
digital modulated test signals is shown in above figure. Note that the adaptation 
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performance of the two tone test is much better than the one of the digital modulated 
test signal, and this is particularly true at the distortion cancellation loop. Therefore, 
we can conclude that a standard two tone test is not adequate to characterize the 
adaptation performance of the dual loop FFPA as it tends to over-estimate the 
performance of the control network. Instead, a digitally modulated test signal should 
be used. 
6.3 Triple Loop Adaptive FFPA 
As discussed in section 6.2，the dual loop gradient based adaptive FFPA is 
suffered from the extremely long convergence time at the distortion cancellation loop. 
Besides, the bias effect of t) imposes tight constraint on the accuracy requirement 
of a(t). In this section, an additional signal cancellation loop is introduced to 
improve the convergence behavior of the distortion cancellation loop, and to relax 
the accuracy requirement at the distortion extraction loop. Furthermore, all analysis 
in this section will be based on a digitally modulated input signal. 
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Fig. 6.3.1 Triple Loop Adaptive EFPA 
The strong bias effect and slow convergence speed of Pit) is caused by the 
strong self noise presented at the distortion cancellation loop. This is mainly due to 
the masking of the IMD signal by the stronger main tone signal at the linearized 
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output. To solve this difficulty, an additional signal cancellation loop can be used to 
suppress the main tone, and hence the self noise at the distortion cancellation loop. 
The RF configuration and its equivalent signal flow diagram of the triple loop FFPA 
are shown in Fig 6.3.1. The model structure and working principle of the additional 
loop are quite similar to the distortion extraction loop. The feedforward output is 
subtracted from the distortion free input signal, for the suppression of the main tone, 
before feeding it to the complex correlator at the distortion cancellation loop. 
6.3.1 Adaptation Performance of the Additional Loop 
The adaptation performance of the distortion extraction loop remains unchanged, 
and the convergence behavior of the additional loop is quite similar to the distortion 
extraction loop. By using similar procedures described in section 6.2.7.1, we can 
derive the following expressions: 
y, (6.3.1.1) 
A, 
'一n�二 6 腿 力 (6.3.1.2) 
where the tc is the mean value of the converged ^ (0,�and A, are the accuracy 
requirement and the step change of y(t), and SDRLO is the signal to distortion ratio at 
the feedforward output. For comparison purposes, the same accuracy requirement 
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and step change at a(t) and y(t) are assumed, and the following relation can thus be 
found. 
SDR 
= “ “ ^^ IMD a^,mn (6.3.1.3) 
where the SRIMD is the IMD suppression ratio of the feedforward system. Note that 
the convergence rate of the additional loop is even fast than the distortion extraction 
loop. This is due to the fact that the SDR at the linearized output is much better than 
that of the main amplifier output. Therefore, the self noise of the additional loop is 
smaller than that of the distortion extraction loop, and result in a faster convergence 
rate at the additional loop. The adaptation performance of the additional loop is 
plotted in Fig 6.3.1.1 
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Fig. 6.3.1.1 Initial Convergence Time Vs Required Accuracy at the Additional Loop 
with Digital Modulated Test Signal (A r =1) 
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6.3.2 Adaptation Performance of the Distortion Cancellation Loop 
With the presence of the additional loop, the self noise at the distortion 
cancellation loop becomes, 
= (6.3.2.1) 
The self noise is now suppressed by a factor of £y, the achieved accuracy of y(t). 
The minimum convergence time is thus given by: 
— - ( 6 . 3 . 2 . 2 ) 
The convergence rate of the distortion cancellation loop is now improved by a 
factor of £y. As mentioned before, the adaptation performance of the additional loop 
is pretty good. Therefore, very high accuracy can be achieved at the additional loop, 
and the result is a significant enhancement at the convergence speed of the distortion 
cancellation loop. Following the example discussed in section 6.2.7.2，to achieve 
40dB IMD improvement for a main amplifier with 20dB SDR, the convergence time 
is reduced from 3x10^ to 300 reciprocal bandwidth if the error at the additional loop 
is 1%. Fig 6.3.2.1 shows the enhanced adaptation performance of the distortion 
cancellation loop. 
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6.3.3 Improvement in Bias Error at the Distortion Cancellation Loop 
As mentioned in section 6.2.4, for a dual loop FFPA, the error of a(t) has bias 
effect on�陶 that results in tight accuracy requirement of a(t). This section shows 
that the addition loop can help to improve the situation. When the distortion 
cancellation loop is properly converged, vu(t) is uncorrelated with Vd(t), hence, 
= 0 (6.3.3.1) 
As shown in Fig. 6.3.1b, the vu(t) can be evaluated by following expression, 
= (6.3.3.2) 
From eqns. (6.2.3.3) and (6.3.3.2), we obtain, 
= K ( 6 . 3 . 3 . 3 ) 
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Substituting equs (6.2.3.2) and (6.3.3.3) into (6.3.3.1) yields, 
:〉从二 1 + W �( • r K O ] 




= — (6.3.3.5) 
Comparing eqn. (6.3.3.5) with (6.2.4.3), one can observe that the accuracy 
requirement of a(t) is relaxed by a factor of 1/% Following the example mentioned in 
section 6.2.4, the required accuracy of £a is relaxed from 0.01% to 1% if the 8y is 
equal to 1%. 
6.3.4 Effect of Delay Mismatch 
From eqn. (6.2.7.7)，the autocorrelation of a digitally modulated signal is given 
by: 
——- (6.3.4.1) IBTTT 
Combining eqns (6.3.4.1) and (6.2.5.3) yields, 
1 2Bm 
� = 1 - • … � (6.3.4.2) 
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Eqn. 6.3.4.2 indicates the relationship between delay mismatch for and the 
specific accuracy in the distortion extraction loop. The effect of delay mismatch at 
the additional loop is the same as that of the distortion extraction loop since both of 
them are aiming at eliminating the main tone signal. However, the situation is quite 
different for the distortion cancellation loop. The autocorrelation of the distortion 
signal Vdc(t) can be calculated from eqn. (6.2.7.12) as: 
穴二五 [ V 论⑴ + 
- 2 1�以3 |2 P.E[v, (t) I V. (t + T) |2 vj (t + T) 
+ |«3 P 五[I V, (0 |2 V, (0 IV 丨 it + T) |2 V； it + T)] (6.3.4.3) 
By following the procedures in deriving the autocorrelation of the self noise 
discussed in section 6.2.7，the above equation can be reduced to: 
KDC � = 2 I�以 3 |2 R: (T)R:I (T) (6.3.4.4) 
Substituting eqns. (6.3.4.1)，（6.3.4.4) and (6.2.7.14) into (6.2.5.4) yields, 
, 2B7rT 
e , = \ (6.3.4.5) “ Lsin(257rT)_ 
Fig. 6.3.4.1 plots the achievable accuracy as a function of delay mismatch by 
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using above equation and the delay constraint mentioned in section 4.3.2. One can 
observe that the later one (Limited by the SR at the band edge) imposes a tighter 
limitation on the delay mismatch. 
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CO Limited by the incorrect c o n v e r g ^ c e Z / / 
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Fig 6.3.4.1 Effect of the Delay Mismatch 
6,3.5 Simulation Results 
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Distortion Distortion Additional 
Extraction Loop Cancellation Loop Loop 
Coefficient Jitter 1% 1% 1% 
Initial Convergence Time (1/B) 185 160 190 
Suppression Ratio >30B >30dB 40dB 
Table 6.3.5.1 Convergence Behavior of the Triple Loop adaptive FFPA 
{SDRm = 20dB) 
The simulation results of the Triple Loop adaptive FFPA are shown in Fig 
6.3.5.1 and the corresponding parameters are summarized in Table 6.3.5.1. (See 
appendix II for the simulation program.) In compared to the dual loop case, it is clear 
that both the convergence rate and IMD suppression ratio of the distortion 
cancellation loop are improved significantly. Note that the convergence time of the 
additional loop is much longer than the predicted one. This is because of the cross 
interaction between the three loops. It limits the initial convergence time of the 
additional loop to almost the same degree of another loop. However, when the other 
two loops are converged successfully and there is a small step change in yft), then the 
time required for�丫(t) to re-converged to the desired value is very short and can be 
roughly estimated by eqn. 6.3.1.2. The cross interaction between the three loops also 
disturb the convergence behavior of the distortion cancellation loop, and it thus looks 
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unnatural at the beginning when compared to the predicted one. However, again, if 
the control signal of the distortion cancellation loop experiences a small step change 
after the proper convergence of the other two loops, then the adaptation behavior can 
be well predicted by the derived expressions. In the remaining part of this section, 
convergence behavior of the FFPA is shown in response to step change in loop 
parameters after the successful convergence of the three loops. 
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The power amplifier is the most sensitive component to variations of operating 
condition in a feedforward system. Fig 6.3.5.2 and 6.3.5.3 illustrates the 
re-convergence behaviors of the feedforward system after a step change of the power 
gain of the main amplifier and auxiliary amplifier. It can be observed from 
Fig.6.3.5.2 that when both a(t) and XO experience a 0.3 step change, the 
re-convergence times are approximately 100 reciprocal bandwidths for both control 
signals. Note that the control signal j5ft) is disturbed by the change of a and }{t) but 
re-settling to the desired value after the proper re-convergence of the aft) and XO-
Similarly, Fig 6.3.5.3 shows the re-convergence behaviors when the auxiliary 
amplifier is suffered from a gain variation that result in a 0.3 step change of P(t). In 
this case, the re-convergence time of P(t) is less than 50 reciprocal bandwidths, and 
a(t) and y(t) are not affected significantly. 
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Chapter 7 Implementation and Measured 
Performance of Triple Loop adaptive FFPA 
A triple loop FFPA centered at around 1.8 GHz is constructed for verification. 
For ease of implementation and performance evaluation, the components of the 
feedforward system are module based and connected by using coaxial cables. For 
practical applications or commercial products, all the components can be fabricated 
on a single substrate board for the reduction of size and cost. 
7.1 Hardware Design 
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Fig. 7.1.1 Triple Loop Adaptive FFPA 
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Description No. of Unit 
Coupler, Power Splitter Purchased from mini-circuit co. A few 
and Combiner 
Main Amplifier Two stages power amplifier (IdB 1 
Compression Point = 23dBm): 
1. First Stage: ZKL 2R5 (Mini-circuit 
Co.) 
2. Second Stage: Constructed by using 
CLY2 (GaAs FET from Infineon 
Technologies). 
Auxiliary Amplifier ZKL 2R5 (Mini-circuit Co.) 1 
IdB compression point: 15 dBm 
Vector Modulator Discussed at section 7.1.1 3 
Complex Correlator Discussed at section 7.1.2 3 
Small Signal Amplifier Constructed by using HBFP 0420 (BJT from 2 
HP Co.) 
Delay Line Coaxial Cable 3 
Table 7.1.1. Component List 
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The block diagram of the constructed FFPA is shown in Fig7.1, and the 
component list is given in Table 7.1. The small signal amplifiers are used to amplify 
the distortion signals before feeding to the complex correlators, otherwise, the 
distortion signals are too small for the complex correlators to function properly. 
7.1.1 Vector Modulator 
/ 
RFin y ^ RFout 
O — — 〉 ^ 9 0 � \ •：^ Z 
o 
Fig. 7.1.1.1 Vector Modulator 
Description Units 
3 dB Power Splitter/Combiner ZN2PD-1900 (Mini-circuit Co) 1 
3 dB 90° Hybrid Power ZAPDQ-2-S (Mini-circuit Co.) 1 
Splitter/Combiner 
Voltage Controlled Attenuator VA-18-1800-180-S (Lorch Microwave Co.) 2 
Table 7.1.1.1 Component List of the Vector Modulator 
Fig. 7.1.1.1. and Table 7.1.1.1 depict the circuit configuration and component 
list of the vector modulator. Subsequently, the RF input signal can be written as: 
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y. (r) = V. (0 cos(coj + 6) (7.1.1.1) 
The RF output is therefore, 
1 r Vo(0 ==下 /v, (0cos(<2;i + 60 + Q y . ( 0 + B) V2 
= cos + + ) (7.1.1.2) V2 L I -
It is clear that both the phase and amplitude can be controlled by the I and Q control 
signals. 
7.1.2 Complex Correlator 
The structure and component list of the complex correlator is shown in Fig 
7.1.2.1，7.1.2.2 and Table 7.1.2.1, and the fabricated circuit is depicted in Fig 7.1.2.3 
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Fig 7.1.2.1 Complex Correlator Fig 7.1.2.2 Integrator 
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Description Units 
3 dB Power Wilkinson Power Splitter/Combiner (Realized 1 
Splitter/Combiner by using FR4 Printed Circuit Board) 
3 dB 90° Hybrid Power Quadrature Hybrid Power Splitter/Combiner 1 
Splitter/Combiner (Realized by using FR4 Printed Circuit Board) 
Mixer MBA-15L (Mini-circuit Co.) 2 
Op-amp LM 717IB (National Semiconductor) 2 
Table 7.1.2.1 Component List of the Complex Correlator 
m m L ^ ~ 
- 3mm ^ …‘漏 
W M l B B M B B l i l l l i l U l i l i i i i i i M i l l l M B 
Fig 7.1.2.3 Fabricated Vector Modulator 
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Fig 6.3.6.1. Experimental Setup of The Triple Loop Adaptive FFPA 
The experimental setup is depicted in above figure. The HP MCSS and HP 
8594EM (EMC Analyzer) are used to generate the desired test signals and measure 
the signal spectrums, respectively. 
The adaptive FFPA is tested by using two tone, multi-tone, PHS and CDMA 
signals. The coefficient jitters are kept well within 1% and the initial convergence 
time are less than 300 reciprocal bandwidths for all the three loops when it is driven 
into its maximum power capacity. The experimental results are shown in Fig 
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6.3.6.2-6.3.6.5. One can observe that about 30dB IMD improvement over 15 MHz 
bandwidth can be achieved. Note that owing to the nonlinear distortion introduced by 
the signal generator, the SDR of the input signal is at most 55dB. This is why the 
SDR of the feedforward output is at most 55dB even with large power backoff. 
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Chapter 8 Conclusion 
Thanks to the rapid development of digital communication systems, there is an 
increasing demand of ultra linear amplifier. By using a linear amplifier, the spectrum 
efficiency modulation schemes can be employed. Moreover, the utilization of linear 
amplifier enhance the possibility of using a single amplifier for multi-carrier signals 
instead of amplifying each carrier individually that results in better efficiency and 
lower cost. 
The feedforward approach is one of the most effective techniques to achieve 
linear amplification. The outstanding performance of the feedforward power 
amplifier in terms of bandwidth and IMD suppression ratio make it a valuable 
solution for modem communication systems. However, the performance of a 
feedforward system is very sensitive to the change of operating condition. Therefore, 
adaptive control network has to be introduced to compensate the variations. The 
design of an adaptive control network with optimal compensation behavior thus 
becomes the most critical part and hence draws much attention for the construction 
of feedforward system. 
In this project, the convergence behavior of the gradient based adaptive FFPA 
by using the dual loop and triple loop configuration is analyzed. The tradeoff 
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between the achievable accuracy and the convergence speed is clearly indicated. The 
accuracy requirement of the corresponding control signals is derived. The effect of 
the delay mismatch in the adaptation behavior is discussed. The improvement in both 
the convergence rate and bias error at the distortion cancellation loop by the 
introduction of an additional loop are presented. This research work gives a clear 
insight into the adaptation performance and practical limit of the adaptive control 
networks. It also provides us a framework and guidelines in designing adaptive 
FFPA. 
Following is a list of the possible future work for this project: 
• Delay mismatch may result in limited bandwidth and incorrect 
convergence. Adaptive delay compensation network can be introduced for 
ultra-broadband and ultra-linear amplifier. 
參 In this project, control networks are realized by analog technique that 
results in reduced accuracy by the mixer offset and enlarged size. DSP 
implemented control networks may be used instead to improve the 
performance. However, the speed of the DSP provides extra limits on the 
bandwidth and achievable accuracy of the control network. Fortunately, 
this problem can be circumvented by the rapid development of fast DSP 
chips 
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Appendix�丨 Matlab Program for Simulation 
of the Dual Loop Adaptive FFPA 
% Simulation of dual loop feedforward power amplifier using baseband equivalent model (CDMA or 
% Two-Tone test signal). This program is based upon the time domain approach. The spectrums of 




isCDMA = 1; % Set to 1 for CDMA test signal and 0 for two tone test 
siganl 
B = 0.5e6; % Bandwidth of the test signal 
fs = 32*B; % Set sampling frequency 
dt = 1/fs; 
Stime = 512*dt; % Set the Simulation time 
Kalpha = 0.8e6; % Set the time constant of the distortion extraction loop 
Kbeta = 0.3e3; % Set the time constant of the distortion cancellation 
loop 
magnitude = 1; % Set the magnitude of the input signal 
alpha = 0; % Initial value of the control signal at the distortion 
% extraction loop 
Talpha = []; % Control signal of the distortion extraction loop 
beta = 0; % Initial value of the control signal at the distortion 
% cancellation loop 
Tbeta = []; % Control signal of the distortion cancellation loop 
TVm = []; % Input Signal 
TVout = []; % Main amplifier output 
TVe = []; % Distortion signal at the main amplifier output 
TLVout = []; % Linearized feedforward output 
a 1 dash = sqrt(1000)*exp(j*pi/5); % Coefficient of the complex baseband power series 
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a3dash = 10*exp(j*pi/9); % Coefficient of the complex baseband power series 
hwait = waitbar(0,'Percentage completed'); 
set(hwait,'Name', 'Simulation of RF adaptive FFPA with two tone test signal'); 
ifisCDMA 
% For CDMA test signal % 
Sigma = magnitude; 
RTVm = gen_gaussian(sigma,B,fs,Stime); 
ITVm = gen_gaussian(sigma,B,fs,Stime); 
TVm = RTVm+j*ITVm; 
dispCSimulation of dual loop adaptive FFPA with CDMA test signal'); % % 
else 
% For Two tone test signal % 
t = 0:dt:Stime; 
TVm = magnitude*cos(2*pi*B*t); 
dispCSimulation of dual loop adaptive FFPA with two tone test signal'); % % 
end 
i=l； 
for t = 0 : dt: Stime 
Vm = TVm(i); 
% first loop % 
VmDash = Vm; 
Vout = a 1 dash* VmDash + a3dash*VmDash.*(abs(VmDash)).八 2; 
Ve = Vout - Vm*alpha; 
alpha = alpha + Kalpha*Ve*conj(Vm)*dt; 
TVout = [TVout Vout]; 
Talpha = [Talpha alpha]; 
TVe = [TVe Ve]; % % 
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% second loop % 
VeDash = Ve * beta; 
LVout = Vout - VeDash; 
beta = beta + Kbeta*conj(Ve)*LVout*dt; 
TLVout = [TLVout LVout]; 
Tbeta = [Tbeta beta]; % % 




SaveData; % Call the script file to save the data 
DisplayData; % Call the script file to display the data 
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Appendix II Matlab Program for Simulation of 
the Triple Loop Adaptive FFPA 
% Simulation of triple loop feedforward power amplifier using baseband equivalent model (CDMA or 
% Two-Tone test signal). This program is based upon the time domain approach. The spectrums of 




isCDMA = 1; % Set to 1 for CDMA test signal and 0 for two tone test 
siganl 
B = 0.5e6; % Bandwidth of the test signal 
fs = 32*B; % Set sampling frequency 
dt = 1/fs; 
Stime = 512*dt; % Set the Simulation time 
Kalpha = 0.45e5; % Set the time constant of the distortion extraction loop 
Kbeta = 30e3; % Set the time constant of the distortion cancellation loop 
Kgamma = 20e5; % Set the time constant of the additional loop 
magnitude = 1; % Set the magnitude of the input signal 
alpha = 0; % Initial value of the control siganl at the distortion 
% extraction loop 
Talpha = []; % Control signal of the distortion extraction loop 
beta = 0; % Initial value of the control siganl at the distortion 
% cancellation loop 
Tbeta = []; % Control signal of the distortion cancellation loop 
gamma = 0; % Initial value of the control siganl at the additional loop 
Tgamma = []; % Control signal of the additional loop 
TVm = []; % Input Signal 
TVout = []; % Main amplifier output 
TVe = []; % Distortion signal at the main amplifier output 
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TLVout = []; % Linearized feedforward output 
TEVout = []; % Distortion signal at the feedforward output 
a 1 dash = sqrt(1000)*exp(j*pi/5); % Coefficient of the complex baseband power series 
aSdash = 10*exp(j*pi/9); % Coefficient of the complex baseband power series 
hwait = waitbar(0,'Percentage completed'); 
set(hwait,'Name', 'Simulation of RF adaptive FFPA with two tone test signal'); 
ifisCDMA 
% For CDMA test signal % 
sigma = magnitude; 
RTVm = gen_gaussian(sigma,B,fs,Stime); 
ITVm = gen_gaussian(sigma,B,fs,Stime); 
TVm = RTVm+j*ITVm; 
dispCSimulation of triple loop adaptive FFPA with CDMA test signal'); % % 
else 
% For Two tone test signal % 
t = 0:dt:Stime; 
TVm = magnitude*cos(2*pi*B*t); 
dispCSimulation of triple loop adaptive FFPA with two tone test signal'); % % 
end 
i=l； 
for t = 0 : dt: Stime 
Vm = TVm(i); 
% first loop % 
Vout = aldash*Vm + a3dash*Vm.*(abs(Vm)).^2; 
Ve = Vout - Vm*alpha; 
alpha = alpha + Kalpha* Ve*conj(Vm)*dt; 
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TVout = [TVout Vout]; 
Talpha = [Talpha alpha]; 
TVe = [TVe Ve]; % % 
% second loop % 
VeDash�二 Ve * beta; 
LVout = Vout - VeDash; 
% Third Loop % 
EVout = LVout - gamma*Vm; 
gamma = gamma + Kgainma*EVout*conj(Vm)*dt; 
TEVout = [TEVout EVout]; 
Tgamma = [Tgamma gamma]; % % 
beta = beta + Kbeta* conj (Ve) *E Vout*dt ； 
TLVout = [TLVout LVout]; 
Tbeta = [Tbeta beta]; % % 




SaveData; % Call the script file to save the data 
DisplayData; % Call the script file to display the data 
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